Higher bit rate causes more ISI and therefore increases the necessary signal processing. Since the 1990s, various investigations on decision feedback equalizers DFEs and time reversal approaches have contributed to the advancement of coherent underwater acoustic communications. It has been shown that the DFE coupled with a phase tracking process presents a practical solution to the multi-path spread and fast phase fluctuation of underwater acoustic channels. The DFE with joint phase tracking can be extended to multiple hydrophone channels to form a multichannel DFE. In the multichannel DFE, the total number of adaptive feed forward taps increases with the number of channels. The implementation complexity of the multichannel DFE is high for a moderate to large number of hydrophone channels, which often are needed to achieve reliable performance in dynamic ocean environments. In order to alleviate the complexity issue, channel estimation can be incorporated into the DFE structure [2] .The study of broadband acoustic wave propagation in shallow water in the presence of in homogeneities has attracted increasing attention in recent years, with one of the more important sub-topics being the study of the intensity fluctuations of the acoustic field due to nonlinear internal waves. In particular, the frequency dependence of the variability of sound propagation in shallow water is of interest and is closely related to the spatial and temporal variability of physical oceanographic entities such as internal waves [3] .
II. Choice Of Modulation Method
With the fast development of modern communication techniques, the demand for reliable high date rate transmission is increased significantly, which stimulate much interest in modulation techniques. Different modulation techniques allow you to send different bits per symbol and thus achieve different throughputs or efficiencies. The modulated signals are then demodulated at the receiver where the original digital message can be recovered. There is also a requirement for estimating two different carrier phases in the BFSK receiver which makes coherent demodulation complex and impractical. BPSK with coherent detection perform better than coherent BFSK for all signal to noise ratios. This is of course sounds like a very pleasant property when making the choice of modulation technique. Binary PSK imposes the information on the phase of the carrier. It is clear that the information maps the signal constellation positive and negative amplitudes respectively. Clearly this is a linear modulation scheme and therefore it will be possible to design a linear MMSE equalizer to combat the ISI. We therefore choose BPSK as the modulation scheme in our communication system.
III. Bpsk Technique
BPSK is a digital modulation technique that separates bits by shifting the carrier 180 degrees. A carrier frequency signal is chosen that is known by both the transmitter and the receiver. Each bit is encoded as a phase shift in the carrier at some predetermined period. When a 0 is sent, the carrier is transmitted with no phase shift, and when a 1 is sent, the carrier is phase-shifted by 180 degrees. When a sequence is given which changes the value from a 0 to a 1 or from a 1 to a 0, a change of phase is indicated in the positive and negative y axis. Digital modulation technique is classified into two types coherent and Non coherent techniques depending on the phase recovery circuit. The phase recovery ensures that the oscillator supplying the local generated carrier wave in the receiver is synchronized (in both frequency and phase) to the oscillator supplying carrier wave used to originally modulate the incoming data stream in the transmitter. The output waveform shown below for the logic 0 and 1 is shown below for the 0 degrees and 180 degrees. In Binary Phase shift keying (BPSK), determines the phase of transmitted signal and decoding the transmitted information. This problem is also known as the carrier recovery attempt is made to recover the phase of the carrier. When a phase point at, say, 180 degrees is selected to reflect the information being transmitted, the phase of the transmitted carrier is set to 180 degrees. However the phase of the carrier is often changed by the transmission channel with result that the receiver measure a different phase. In order to overcome this problem there are two ways.
1. Coherent detection, 2. Non coherent detection.
In coherent detection we have to measure the phase change imposed by the channel and then the receiver determine the transmitted phase. This is known as the coherent detection.
In Non coherent detection we have transmit the phase difference rather than actual phase. The receiver merely compares the actual phase with current phase and the phase changed is removed. This is known as Non coherent detection.
In BPSK the signal bandwidth for the communications channel needed depends on the symbol rate, not on the bit rate. In this symbol rate is equal to bit rate because only two bits are transmitted. The actual formula for the symbol rate is given as:
Symbol rate= (bit rate) / (The number of bits transmitted with each symbol)
IV. Time Reversal
A Time-reversal mirror TRM can therefore be realized with a source-receiver array. The incident signal is received, time reversed, and transmitted from sources contiguous with the receiving hydrophones [4] .The application of time-reversal methods (phase conjugation in the frequency domain) for underwater acoustic communications has already been suggested and some calculations for a 3500-Hz pulse with a kilohertz bandwidth has demonstrated the temporal multipath recombination and side lobe suppression needed for underwater communications [5] . Phase conjugation is an environmentally self-adaptive process which may therefore have significant applications to localization and communications in complicated ocean environments [4] .Adaptive channel equalization has been used in coherent underwater acoustic communication systems to deal with the inter-symbol interference (ISI) caused by time varying dispersive multipath environments . Time reversal is an approach that can be used independently of or in conjunction with adaptive channel equalization [5] .
V.
Model Of The Communication System
Transmitter:
In Matlab the main blocks to consider in the transmitter is packing the data according to the transmission protocol and modulation of the signal. A program for converting a data file into a bit sequence was not done in the Matlab implementation. The original sequence, i.e. the bitmap picture, is read as 0 and 1 but those are mapped to represent the phase shift made by the BPSK modulation scheme. A simple model of the transmitting side of the system could be seen in the following block diagram. The bit sequence then has to be packed according to our transmission protocol so that the receiver understands the received sequence. The protocol is a block oriented transmission protocol. In the initial stage information that is used to calibrate the receiver is sent. The Power burst is simply some equi-probable bits that are sent so that the receiver can detect an increase in signal power. After that, a synchronization sequence is sent which is known both by the receiver and transmitter. Then a guard sequence is sent, this is to a room for possible corrections to achieve precise synchronization. After that Block 0 is sent. This block is for training the equalizer coefficients. Optimizing the system will then cause the error probability to decrease and of course increase the robustness for inter symbol interference.
Receiver:
When designing the Matlab implementation of the receiver, five blocks of importance have to be considered. These are demodulation of the received signal synchronization, equalization, diversity combination and detection. A simple block diagram of the receiver is depicted in figure below. When receiving the transmitted sequence for the Matlab implementation, this is done manually. The received data is then saved in two vectors, one for the left channel and one for the right channel. These vectors are then available for signal processing in our receiver function.
Demodulation
The signal processing for the left and right channel is done separately all the way to the diversity combination just before the detection. Therefore only data from one branch will be considered in the discussion of the signal processing.
Synchronization
When receiving a transmitted file the sampling does not start exactly when the real signal starts. For the receiver to know when the desired data starts we first need to find an approximate synchronization. After that we need a precise synchronization that synchronizes the receiver to the exact sample where the data starts in the received sequence.
Equalizer
An equalizer equalizes the received distorted signal , this has to be employed before any detection of the received symbols. The equalizer removes (attenuates) these older symbols by choosing the filter taps so that the taps that covers the older symbols (the unwanted symbols at the current sampling instant) are assigned very low values resulting in a strong attenuation of these symbols, while the currently transmitted data symbol passes the equalizer almost unaffected. In this way, we minimize the effect of the unwanted symbols on the decision variable that is created at the current sampling instant.
The equalizer also uses a sort of decision feedback to update the filter taps. In this decision feedback, the assumed correctly detected bits (zeros and ones) are fed back to a summator , which computes the difference between the nth decision variable (nth output from the equalizer) and the nth detected bit.
Diversity
To increase the performance of the communication system, i.e. to obtain a lower bit error probability P e a two-branch space diversity with a sort of simplified maximal ratio combination was implemented. For practical reasons the diversity is implemented in the equalizer. The two-branch space diversity is obtained in the receiver, using two signals from each other spaced microphones to receive the transmitted signal. When the two received signals enter the equalizer, they are both processed (equalized).
Before any diversity combining of the two signals can take place, they have to be co-phased, i.e. processed so that they are in phase relative to each other. This co-phasing process is taken care of by the equalizer. When the two signals are in phase, a combining of the two signals should take place in order to obtain one new signal that has a signal to noise ratio (SNR) that is greater than what the two signals have separately. To get knowledge in how to combine the two signals, the error e i (n) = r d (n) -dˆ(n) for i = 1,2 is then computed for each branch. The errors e 1 and e 2 are then compared and the branch with the greatest error is lowest weighted in the summation of the two signals that follows in order to create the input signal to the detector (the decision variable). In this way a diversity gain is achieved, i.e. we obtain a signal (the input signal to the detector) with a greater SNR than the signals in each branch have separately and thereby a lower bit error probability P e .
The Detector
The input to the detector is the sum of the two equalized signals from the two branches denoted by r d (n). The detector simply controls the sign on the real part of r d (n). If the real part of r d (n) is greater than zero the detector decides that a zero was transmitted and if it is less than zero the detector decides that a one was sent.
VI. Results
Before we summarize the results of the numerous Matlab simulations that have been made to optimize the communication system, we shortly repeat the requirements and goals that were set up for the communication system before the project started. After having optimized the system parameters to achieve as high data rate R as possible and still maintain as low bit error probability P e as possible, the following results were obtained for communication with a spacing of 3 meters between the speaker and the microphones. Simulations are carried out on implementation different techniques and obtained results for them in matlab. In matlab simulations are done using BPSK techniques. Results for BPSK modulation/demodulation technique for random bit stream in MATLAB are also shown. The plots show the transmitted and received waveform of the BPSK technique. This plot explains about the base-band signal spectrum in frequency domain where the entire information is present in obtained output. This plot explain about the signal which is obtained after it is sent from the BPSK technique where the transmitter signal obtained whch is sent towards the channel.
The Red colour plot explain about the spectrum of BPSK modulated signal in frequency domain. This plot explains about the demodulated un-equalized signal where the signal output has un-equalized frequencies which are shown in the first plot.
In the next plot the demodulated un-equalized signal output is made in the form of equalized frequencies and shown. As can be seen from the results above, by using diversity we obtain a pretty large diversity, gain and therefore the bit error probability P e can be decreased with 4% and there by the goals that were set for the communication system are achieved. 
VII. Future Scope
Under water communication finds application in many fields like oceanographic data collection, pollution, monitoring, off shore exploration, disaster prevention. The enabling technology for these applications is acoustic wireless networking. In order to increase the bandwidth of the modulation technique so that more number of bits are transmitted, we will use QAM modulation technique instead of BPSK or The performance analysis of BPSK modulation will be further increased with the addition of IDMA scheme along with BPSK technique.
VIII. Conclusion
In this work, both the downstream and upstream directions of the signal is done. First we aimed to maximize the data rate and then optimize the rest of the system to obtain an error probability below 1-2%. The matlab simulations explain about the signal transmission using BPSK technique and data rate of the signal sent towards the receiver. In the receiver section explain about the signal bit rate and false detection region of the signal whether the signal obtained towards the receiver should be without errors. In this way the acoustic signal transmission and reception takes place.
